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(Abstract) This paper presents the advantages of using Audio amplifiers-class-D which has an important role in every 
mobile system involving an audible sound. General power amplifiers till recently have been very inefficient, bulky and 
unreliable. Though Class AB amplifiers have major market share in the audio industry because of their efficiency 
compared to previous classes of amplifiers such as Class A and Class B, recent demand for smaller devices with longer 
battery life has resulted in replacement of class AB amplifiers (linear amplifiers) with Class D (switching amplifiers). 
Class D amplifiers provide the balance between efficiency and distortion required by portable devices, hi-fi audio systems, 
as they utilize the switching operation where the transistors are either fully on or fully off resulting in amplification with 
zero power dissipation ideally. The main focus of this thesis is to analyze various design issues involved in the 
implementation of class D amplifiers. As many designers in the future will be switching to Class D amplifiers because of 
the recent advances in switching amplifiers, an effort was made to develop the thesis so as to be able to serve as a basic 
reference guide which gives them a good understanding of existing architectures, challenges in efficient power amplifier 
design, modulation methods, power stage topologies and implementation of class D amplifiers. A detailed study of 
parameters and parasitic that affect the performance of class D amplifiers has been carried out with design, 
implementation, and simulation of various stages. Various component selection decisions and layout issues have been 
discussed for an efficient, low distortion class D amplifier. 
Keywords: Audio Amplifiers; Efficiency; Class D; Distortion; Modulation. 




1. INTRODUCTION 

The audio amplifier Class D is a switching amplifier that 
consists in a pulse width modulator (with switching 
frequency in order of several hundred kHz), a power bridge 
circuit and a low pass filter. This type of amplifier has 
demonstrated to have a very good performance. These 
include power efficiencies over 90%, THD under 0.01%, and 
low EMI noise levels that can be achieved with a good 
amplifier design. 

The old version of the audio amplifiers is the class AB 
which has been used for driving a speaker load in portable 
devices including cell phones. However, their power 
efficiency is typically less than 20%, which reduces the 
overall systems battery lifetime and increases the heat 
dissipation. 

This paper presents a the advantage of the use of class D 
amplifier for portable devices and a comparison with the 
other type of the audio amplifiers like class A, class B and 
class AB. The proposed work was experimentally verified 
using the technology 0.35-um CMOS process; The amplifier 



achieves a power efficiency of 90% delivering up to 1.5W 
output power to an 8 ohm load, and operates with a 
2.5V-5.5V supply. 

2. THE ADVANTAGE AND THE 

INCONVENIENT OF THE DEFERENT 
AUDIO AMPLIFIERS 

Class A - In a Class A amplifier, the output devices are 
continuously conducting for the entire cycle, or in other 
words there is always bias current flowing in the output 
devices Fig.l. This topology has the least distortion and is 
the most linear [2], but at the same time is the least efficient 
at about 20%. The design is typically not complementary 
with high and low side output devices. 
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Fig.l. Amplifier Class A 

Class B - This type of amplifier operates in the opposite way 
to Class A amplifiers. The output devices only conduct for 
half the sinusoidal cycle (one conducts in the positive region, 
and one conducts in the negative region), or in other words, 
if there is no input signal then there is no current flow in the 
output devices. This class of amplifier is obviously more 
efficient than Class A, at about 50%, but has some issue with 
linearity at the crossover point, due to the time it takes to 
turn one device off and turn the other device on. 
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Class AB - This type of amplifier is a combination of the 
above two types, and is currently one of the most common 
types of power amplifier in existence Fig. 3. Here both 
devices are allowed to conduct at the same time, but just a 
small amount near the crossover point. Hence each device is 
conducting for more than half a cycle but less than the whole 
cycle, so the inherent non-linearity of Class B designs is 
overcome, without the inefficiencies of a Class A design. The 
efficiencies for Class AB amplifiers is about 50%. 




Fig.3.Amplifier Class AB 

Class D - This class of amplifier is a switching or PWM 
(Pulse wide Modulation) amplifier as mentioned above[3], 
[4], [5]. This class of amplifier is the main focus of this 
application note. In this type of amplifier, the switches are 
either fully on or fully off, significantly reducing the power 
losses in the output devices [8]. 

Efficiencies of 90-95% are possible. The audio signal is 
used to modulate a PWM carrier signal, which drives the 
output devices, with the last stage being a low pass filter to 
remove the high frequency PWM carrier frequency. Class D 
amplifiers take on many different forms, some can have 
digital inputs and some can have analog inputs. Here, we will 
focus on the type which has analog inputs. 




Fig.4. Block Diagram of a class D Amplifier. 



Fig.2. Amplifier Class B 
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Fig.4 above shows the basic block diagram for a Half Bridge 
Class D amplifier, with the waveforms at each stage. This 
circuit uses feedback from the output of the half-bridge to 
help compensate for variations in the bus voltages. So how 
does a Class D amplifier work? 

A Class D amplifier works in very much the same way as a 
PWM power supply (we will show the analogy later). Let's 
start with an assumption that the input signal is a standard 
audio line level signal. This audio line level signal is 
sinusoidal with a frequency ranging from 20 Hz to 20 kHz 
typically. This signal is compared with a high frequency 
triangle or saw tooth waveform to create the PWM signal as 
seen in fig 5 below. This PWM signal is then used to drive 
the power stage, creating the amplified digital signal, and 
finally a low pass filter is applied to the signal to filter out 
the PWM carrier frequency and retrieve the sinusoidal audio 
signal (also seen in fig 4). 




Fig 2a PWM Signal Generation Fig 2b Output Filtering 



Fig.5. Class D Amplifier Waveforms 

2.1 Design Challenges 

A. Top view 

The top schematic view of Class-D amplifier Fig. 6 is 
composed by a main part (inverting input integrator, triangle 
generator, PWM modulator, gate driver and MOSFET 
H-bridge) and secondary parts like common mode voltage 
and bias current generator, startup and protection circuit, 
input gain selector and shifter. 

Two analog power supplies (tailed together with 
decoupling capacitor on the circuit board) are used with an 
ESD (Electro Static Dielectric) protection and bonding and 
are not shown is this schematic but have been taken into 
account for simulation. 
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Fig.6. Class D schematic 



2.2 Simulation Results And Comparison 

The class D audio amplifier has been integrated in a 0.25um, 
double-poly, triple-metal, BiCMOS process, occupying an 
area of 1.5 x 1.2 mm2 fig. 9 show the Layout of the proposed 
Amplifier Class D. The measured output peak current was 
measured to be 0.35A into an 8 ohm load, using a 3.6V 
supply voltage. The IC consumed 2.5mA of quiescent current 
under those conditions with an output power of 0.5W and a 
power efficiency of 79%. A power efficiency of 90%, Fig. 8 
shows that the comparison output efficiency between class-D 
and class-AB was achieved at a supply voltage of 6.5V. Fig. 
10 shows the efficiency versus power curve. The total 
harmonic distortion plus noise (THD+N) was measured with 
an Audio Precision (AP) measurement system [6], [7], [8]. 

A low pass filter had to be used at the output since the AP 
measurement system cannot handle pure class D audio 
amplifiers because of the high frequency PWM waveform. 
The THD+N measured under the above-mentioned 
conditions vary from under 0.04% at low frequencies to a 
maximum of 0.4% at 7 kHz. Fig. 7 shows a plot of the 
THD+N versus the power under different supply voltage 
levels [9], [10], [10], [12]. Fig 9 shows layout of Amplifier 
Class D with process 0.18 um. Table 1 summarizes the 
measured results. The output offset is higher than predicted 
in the simulations because of mismatch in the feedback and 
in the input resistors. 

B. Why use a low-pass RC output filter with Class-D 

amplifiers? 

Class-D audio power amplifier (APA) families use a 
modulation scheme that does not always require an output 
filter for operation, but they do require some sort of low-pass 
filtering when making an output power measurement or a 
THD+N measurement. This is because the 250-kHz 
switching signal is seen as a common-mode voltage across 
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the inputs of the audio measurement instrument. Typically, 
audio analyzing equipment has low common-mode rejection 
at 250 kHz, because the equipment is designed to work in the 
audio band. Although most audio analyzing instruments have 
internal filtering, they still have input amplifiers that cannot 
respond to the fast rising edges of the PWM signal. The 
purpose of the RC filter is to remove the 250-kHz switching 
component from the PWM output of a Class-D amplifier. 

C. Total Harmonic Distortion Plus Noise (THD+N) 

The typical THD+N measurement combines the effects of 
noise, distortion, and other undesired signals into one 
measurement and relates it (usually as a percentage) to the 
fundamental frequency. Ideally, only the fundamental test 
frequency of the sine-wave input is present at the output of 
the APA, which in practice is never the case. The THD+N 
measurement requires notching out the fundamental test 
frequency and measuring the RMS voltage (which includes 
unwanted harmonics and noise) across the audio band (which 
the AP does automatically) and then dividing that measured 
value by the fundamental test frequency value and 
expressing it as a percentage. 

D. Output Power 

Audio power amplifier design typically uses speakers with 
impedances from 3 Q to 32 Q. When calculating the power, 
the output voltage (Vout) is specified as an RMS value and 
the following equationis used: 



\v V 

l v O(RMS)\ 



O 



(i) 



Where, 

PO = Output power 
RL = Load impedance 
And, 



V 0(RMS) ~ anCI V 0(RMS) 



O(PP) 

2V2 



(2) 



Where, 

VO(P) = Peak voltage 
VO(PP) = Peak-to-peak voltage 

It is important to understand the relationships among peak 
output voltage (VO(P)), peak-to-peak 

output voltage (VO(PP)), and the RMS output voltage 
(VO(RMS)) because these specific values are used when 
calculating the output power delivered to the load. 



THD versus POUT 
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Fig. 7. Shows the THD+N versus the power. 



Efficiency vs Output Power(fi n =1kHz) 
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Fig.8. Efficiency of Class-D and Class-AB versus output 
power 




Fig.9. Layout of the proposed Amplifier Class D. 
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TABLE 1 : COPARISON BETWEEN CLASS AB AND CLASS D. 





Class-AB 


Class-D 


Effeciency 


50 


90 


Power 
Corruption 


500mA 


200 mA 


Distorsio 


0,5 


0,1 


Area 


2,5 mm2 


l,5mm2 



3. CONCLUSIONS 

We have presented a new class D audio amplifier for low 
voltage applications with high efficiency and minimum 
system solution size. The amplifier is a great improvement 
over its class AB counterparts where it comes to battery 
powered application since it dissipates less power in the 
amplifier itself. 
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